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LOW LEVEL R.F. BUILDING BLOCKS

R. Garoby
CERN, Geneva, Switzerland

ABSTRACT

The low level R.F. system generates the signals driving the high
power equipment, and processes the information coming back from
the various beam and hardware P.U.s. The methods used to build the
necessary low level functions are derived from the telecommunication
and radar domains. The basic principles are described, and practical
realizations are sketched using today's technology. An attempt is also
made to indicate where the future evolution of electronics might lead.

1. INTRODUCTION

A number of contributions in the proceedings of this school depict and explain the opera-
tion of low level R.F. systems. The aim of the present paper is to describe some of the
fundamental low level functions. Advancement of electronics technology makes it a fast
changing domain (contrarily to high power installations) where any detailed hardware
description can be quickly obsolete. Consequently the following lecture :

- tries to gather information relevant to accelerator design, previously disseminated into
numerous textbooks dealing with communications and radar technology.

- concentrates on the principles,

- suggests practical realization without pretending to exhaust the list of hardware alter-
natives,

- indicates where modern digital technology can bring noticeable advantages.

For signal generation, the principles of Phase Locked Loops (P.L.L.), Direct Digital
Synthesis (D.D.S.) and mixing are treated.

For signal processing also, the frequency conversion method (mixing or heterodyning) is
described, and extensively applied. The principle of the superheterodyne is presented.
Transmission of modulation through a linear system is analysed and modulation/demodulation
techniques are explained. Finally filters, phase shifters and delays are also covered.

2. R.F. SYNTHESIS TECHNIQUES
2.1 Phase Locked Loops (P.L.L.)

Phase Locked Loops are fundamental building blocks for all kinds of R.F. equipment,
and an impressive list of textbooks is available (Refs. [1] to [3] for instance). Their widespread
use has been triggered by the availability of sophisticated components in the form of cheap
integrated circuits. Principles of operation and common terminology are described below.
More complex applications are examined in later sections, associating the various synthesis
techniques.

2.1.1 Basic system
Lock acquisition will not be treated, and the interested reader is invited to investigate this
specialized subject in the literature (Ref. [1] for instance). When locking has been achieved the

P.L.L. maintains phase tracking between the reference input and some output signal under its
control. Figure 1 shows the simplest block diagram of a phase locked loop.
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Fig. 1 Elementary block diagram of a P.L.L.

The fundamental components of a P.L.L. and their transfer functions are :

- the Phase Detector, which is ideally linear : Vp = Kp(@g-9,) @Y)
- the Loop Filter which determines the loop dynamic behaviour : F(s)
- the Voltage Controlled Oscillator (V.C.O.) whose output angular frequency , (in

rad/s) is proportional to its control voltage V, coo =K, V,. 2)

Angular frequency being the derivative of phasc : Qo= W/S 3)

and the transfer function of the V.C.O. is : Po/Vo=Ki/fs. 4)
The closed loop transfer function for the phase of the reference @y to the phase of the

loop output @, is given by :
or s+ K K F(s)
If F(s) = constant, the P.L.L. is a first-order low-pass filter for phase modulation.
Usually :
F(s) = K( ST O, ) 6)
s

and the loop is of type 2 (2 integrators) and second order (denominator's degree in the transfer
function). The closed loop transfer function is then :

®o S+0.)1
Yo - KK K 7
Pr P V[s"+sKKDKV+KKDchoJ 7

which can be conveniently written as :

Po_ 2Cw 26 8
Pz . 2 +2¢w s+ o2 ®)
KK K
using the damping ratio = > ———0-;3-—" )
1
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and @, = KK K,0,. (10)

Figure 2(a) illustrates the frequency response corresponding to Eq. (8) when
w, = 2w rad/s (1 Hz) and for a damping ratio ¢ between 0.2 and 1.4, in steps of 0.2 . The
oscillatory behaviour observed for ¢ < \/% (critical damping) is also visible in the time domain
output for a unit step perturbation at the input (Fig. 2(b)).

(a) (b)

Fig. 2 Frequency and unit step responses of second order P.L.L.
(damping ratio from 0.2 to 1.4)

2.1.2 Phase Detector

The phase detector can be of the analogue or digital type. A high rejection of the input
frequency is mandatory to avoid modulation of the V.C.O. and degradation of the output
spectrum. The Sample & Hold detector has, by construction, a high rejection of the sampling
(reference) frequency. The other detectors need a low-pass filter with a cut-off frequency
, /27 much lower than the smallest input frequency wy . /2% (typically @, < @g,,/10).The
commonly used elements are listed in Tables 1 and 2, with their phase detection characteristics.

The analogue phase detector is a multiplier, whose output characteristic is sinusoidal with
sinusoidal input signals, or linear with square waves. Real analogue multipliers can be used
from quasi-DC to 100 MHz (variable transconductance amplifiers,...). Above this range the
double balanced mixer is the ubiquitous solution (see Section 3 for detailed description).

The simplest digital phase detector is built with an exclusive OR gate. It shows a linear
range of n rad. Its major limitation stems from the need for a well defined duty cycle on both
inputs. Frequency division by 2 is sometimes introduced in front of the gate to provide well
defined square waves (for instance in the Analog Devices part AD9901, Ref. [4] ).

The Sample & Hold is well matched to low frequency operation, thanks to its built-in
rejection of the input frequencies due to the sampling process.
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Table 1
Conventional Phase Detector circuits

CIRCUIT

CHARACTERISTICS

Analogue 4 quadrant multiplier

Ve=sin(Wyt+Qg)

Vo

Vo=sin(Wet+9,)

Vo

1 {cos[((x)R — W0 )t + (g — Po )] '}
2 | cos[(y + 0o )t +(Pg +¢)]
U (low pass filtering)

-  cos(Qg —
v, = (1; (Po)

v N
%

32

' PP

w2

>

Digital Exclusive OR
or square wave driven analogue multiplier

W, %[ v,

o

-

3n/2

w2

w2

V{9, 0

y

Sample & Hold Detector

o, ®) ‘\ [: %

Y0, ) T - —\s
— Sample & Hold -1/2 w2

2r Qe q’o\

>

372

(Sampling happens at the zero crossing with
positive slope of V)

However the most used types of phase detectors are listed in Table 2. They exhibit a
linear characteristic over 2% or 4n rad, while convenient to implement up to a few tens of
MHz, when built with high speed logic components (ECL).

Special integrated circuits perform the complete "Tri-state phase detector” operation (for
instance Motorola part MC12040, Ref.[5] ).
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Table 2

Edge triggered Phase Detectors
CIRCUIT CHARACTERISTICS
Flip-Flop phase detector _
%
@, ®)
%
V(o @)

Tri-state phase detector

Yo, ) R
s
S
V(P @) (R

2.1.3 Loop Filter

Operational amplifiers are used to build active filters. A typical realization of the filter
involved in a type 2 second order loop is shown in Fig. 3.

Fig. 3 Active filter for a second order loop

s S+
Its transfer function is : F(s)= P ( s L ) (11)
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The corresponding Bode plot for the open loop gain of the complete loop is given in Fig. 4.

A
Phase

T -90 deg

o T -180deg

Fig. 4 Open loop gain of a second order, type 2 loop

More complicated transfer function can help further optimize the overall loop
performance (Refs. [1] to [3]).

2.1.4 Voltage Controlled Oscillator (V.C.O.)
Two types of oscillators can be distinguished:

- the multivibrator, which has a rather linear frequency to voltage (or current)
characteristic but a square-wave output.

- the varactor tuned oscillator which has a good quality sine-wave output, but a rather
non-linear relation between frequency and voltage .

Figure 5 shows a simplified schematic of a typical astable multivibrator. The capacitor is
alternately charged with one polarity until a threshold is attained and then with the reverse
polarity.

Fig. 5 Simplified schematic of an astable multivibrator type of V.C.O.

Let us assume that transistor Q, is conducting and saturated, and that C is not charged.
Then V, is low and Q, is blocked. V, is at V. which drives Q, into conduction. Our initial
assumption is validated. The current flowing through Q, is shared between Ry, and C+Rp,,
loading the capacitor C. Since C is initially not charged, the current is equally distributed to Ry,
and Rg,, providing an equal voltage on the emitters of Q, and Q,. As C charges, V, decreases
because of the decreasing current through Rg,. When Vg,-V, approaches 0.7 V , Q, becomes
conducting, which drives V., lower and reduces conduction of Q,. Vg, is then lower, which
amplifies the process and the system switches to a state where Q, is blocked and Q, is
saturated. Current now flows into C in the opposite direction.
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Toggling results, at a rate determined by the voltage V,,. In practical application the
frequency is made a linear function of V, using current sources instead of the resistors Ry,
and Ry, [6].

Filtering is required to obtain a sine-wave from the square-wave output available on the
collectors.

In a varactor tuned oscillator a variable capacitance diode is used to control the centre
frequency of a resonator. A typical implementation taken from Motorola documentation is
shown in Fig. 6. A sine-wave can directly be obtained thanks to the filtering of the resonator.

18

L Micro Metal Toroidal Core #7448 10,

17 4 turns ot NO. 22 copper waire.
Vlﬂ
16
15 /‘_’,
14 Vs
A L L s I /" 200°
3 ‘%S o !

“T
12 =

11

fout. OUTPUT FREQUENCY {MHz)

10 mvisor 12 .
S uf
9.0 * vee t Veez T ¢S vac 0.1 uf
/ Vegetr = Vegga = Gna I

80 = =
o 1.0 20 30 40 S.0 6.0 7.0 8.0 9.0 10 “The 1200 ohm resistor and the sCOpPe terming-
’ ’ ’ ' ton impedance constitute & 25:1 attenustor
probe. Coax shaill be CT-070.-50 or equivalent.

Vin. INPUT VOLTAGE (VOLTS)

Fig. 6 Varactor tuned V.C.O.

2.1.5 Practical system

As illustrated in the block diagram of Fig.7, showing a practical P.L.L., a
programmable divider is commonly inserted between V.C.O. and phase detector for a
numerical control of the output frequency. The open loop gain varies like 1/N, and
compensation can be necessary inside the loop, when N covers a large range.

The output angular frequency is : ®y= Nay. (12)

Since N is an integer, the frequency step size is w;. Consequently, w; becomes small
when one aims at a high resolution, with the net result that the loop bandwidth gets even
smaller (see Section 2.1.2 ). The "Digiphase" principle [7] and the "Fractional N division
technique” [8] have been developed to circumvent this limitation, but their complication limits
their use to commercial instruments.

Two analogue control inputs are also implemented in Fig. 7 for:
- low frequency phase modulation (inside the loop bandwidth) : useful for application as
phase shifter,
- AC frequency modulation (outside the loop bandwidth).
The control voltage for the V.C.O. (V,) governs the frequency modulation of the

oscillator. It is a convenient signal to monitor, whose quality is a consequence of the linearity
of the V.C.O..
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Phase modulation Frequency modulation

{DC coupled} (q;m ) AC coupled} (o _)
LOOP
FILTER V.CO. > Output
(E(s)) K/ 1 ©,9)
Demodulated N Numerical
FM frequency
Reference DEPTD'I;(?‘II? OR | control
(@, 9) (K,) (@ /N, @ /N)

Fig. 7 Block diagram of a practical P.L.L.

2.1.6 Applications of P.L.L.s
P.L.L.s are commonly utilized for :

- accurate and low noise frequency sources (inside the loop bandwidth the power density
of noise is a copy of the reference one, multiplied by the frequency multiplication factor
N),

- filtering of the phase noise on the reference signal (using small loop bandwidth, so that
even near the carrier the noise power density is that of the free-running V.C.0.),

- phase modulation/phase shifting (where linearity and dynamic range are defined by the
phase detector),

- frequency (phase) demodulation of the reference signal.

2.2 Direct Digital Synthesis (D.D.S.)
2.2.1 Principle
Direct Digital Synthesis up to a few tens of MHz has been made possible by the advances

in electronics technology [2, 9]. Based on digital arithmetic circuits and Digital to Analogue
Converter (D.A.C.) its basic block diagram is shown in Fig. 8.

Digital 0 sing
Frequency @+2)bits)  (p bits)
Word —

F - ; Output
(n bits) ADDER > LATCHE! ™ ROM. FeNDAC Pass| >

> (sing) Filtel
S
(m bits) I
Fixed clock (f.)

Fig. 8 Elementary block diagram for D.D.S.
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At each clock pulse the content S of the Accumulator (output of the latches) is
incremented by F. Since the accumulator regularly overflows, S is a quantized sawtooth (if
converted to analogue). Transforming a truncated subset ¢ of S (the p+2 most significant bits
of S) into sing provides a continuous sine-wave after digital to analogue conversion (Fig. 9).

Sorg f
(after Digital (Full scale of the accumulator )
to Analog T _F ——————————————
Conversion)
0 1/, jJJJ:‘ ime (clock periods)
. ‘\ | I
sing b
(p bits) I‘[__F_L
1" ‘lj‘ime (clock periods)

Fig. 9 Signal generation in D.D.S.

Beginning with S = 0 at time t = 0, after n clock periods : S = nF. The output sine-wave
will complete a full period after a duration T given by :

S 1 1 F
T=2B._ o f=_=__f
F 1 T S, °© (13)
with:
f :frequency of output wave (Hz)
T : period of output wave (s)
F :digital input control word
f. :clock frequency
S : full scale value of the accumulator

Low pass filtering is needed to smooth the quantized sine-wave (in the time domain) or
to eliminate the spurious frequency components (in the frequency domain).

2.2.2 Performance
Three quantization effects limit performance :
1) Frequency resolution.

Frequency resolution increases with the numbers of bits n and m processed in the
accumulator. Typical figures for today's technology are given in Table 3.
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Table 3
Commercial D.D.S. parts

Component Maximum clock | Number of bits for Number of bits for
[Company/part no.] frequency (f.) (ﬁ) output (p)
Sraney 350 MHz 16 8
o T ogom 1000 MHz 32 8
Ao 400 MHz 25 8
Anall\ogglgg\(l)ices 300 MHz 32 (no intetgrgal.(li )look—up

i)  Amplitude quantization.

Because of the limited number of bits used by the D.A.C., the output signal can be
considered as the sum of a pure sine-wave and a waveform corresponding to the
amplitude quantization error. Each spurious frequency component of that error signal is
expected in practice not to exceed 1/2¢ of the main sine-wave, or -6p dBc (dB with
respect to the carner) (Table 4).

Table 4
Level of amplitude quantization spurious
P (Numblgr Xfé) 1)ts for the Maximum spurious level with respect to carrier (in dBc)
8 -48
10 -60
12 -72

i) Time quantization.

The unfiltered output is a quantized sine-wave, sampled and held at the clock rate f.. Its
spectrum contains spurious lines above the Nyquist frequency f/2. The output low-pass
filter is necessary to clean the signal (see Fig. 10). To facilitate construction of the filter,
the maximum output frequency is generally limited to f/4.

h

Nyquist

Amplitude frequency

T N\

\<————|. : Anti-aliasing filter transfer function)

\
I T
f fc/2 fclock 2 fclock
fc-f fc+f 2 fc-f 2 foc+f

Fig. 10 D.D.S. frequency spectrum and output filter characteristic

The most interesting features of Direct Digital Synthesis are:
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- high accuracy and stability (depending only on clock performance),

- very fast response time (a few clock periods + the output filter delay),

- perfect phase continuity while changing frequency,

- good phase noise performance (function of clock source),

- easy simultaneous generation of sine and cosine waves (often used in real synthesizers
as described later in Section 3.3).

2.2.3 Practical system
Resetting of the accumulator allows a precise control of phase evolution as a function of

time. This feature is very interesting for sophisticated synchronization schemes between
accelerators.

Digital phase modulation is possible with an adder in the path of ¢. Similarly, digital
amplitude modulation only requires a multiplier in the path of sin¢, before the D.A.C..

Designs with discrete components (M.S.1.) can nowadays work up to roughly 10 MHz

(40 MHz clock), using ECL parts. Higher frequencies are the domain of special integrated
circuits and hybrid modules (Examples are given in Table 3).

3. MIXING AND HETERODYNING
3.1 Principle

Any non-linear device generates intermodulation products when subject to signals of
different frequencies. The most commonly used function for this purpose is multiplication.
Figure 11 shows its operation.

Vg=Vecos(Wgt+8;)

Vo=V r YV =VgV, COS(Wet+0; )cos(w, t+6, ) (14)

V, =v,cos(w, t+6,)
Fig. 11 Multplier operation

V.. can be expressed in the form of a sum of two cosine-waves :

vV, = (Vnz"l. )cos((o)R - )Jt+ (85 =0, ))+cos((wg + @y )t + (B, + OL))] (15)

After Fourier transformation, the results in the frequency domain are illustrated in
Fig. 12, where the phases of the various complex components are given according to the
following expression :

l[ej(“’n —oL)+(0R-0L) |  -i(0R-@L)~(6R -91.)]

v, = (VRVL 2 (16)
2 /|, % [e,-(wwuw(ewu + ¢ J@R+oL)—(eR +°L)]
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Fig. 12 Frequency spectrum after mixing in an ideal multiplier

Analogue multipliers can be employed below a few tens of MHz (see Section 2.1.2), and
other types of circuits may present some interesting advantages [6] in special applications.
However double balanced mixers are the most often used components for this function, thanks
to their advantages.The schematic of a double balanced mixer is shown in Fig. 13 (a), and its
operation is described in Figs. 13 (b) and (c).

L D4 D1 R
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D3 D2
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Fig. 13 Double balanced mixer schematic and operation
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The Local Oscillator port L is driven by a square-wave which switches on and off each
pair of diodes. When D1+D2 are conducting and D3+D4 are blocked (Fig. 13 (b)), the bottom
end of the transformer driving the Intermediate Frequency port I is grounded. The output
voltage (I being terminated into the nominal impedance) is then + V. When D3+D4 are
conducting and D1+D2 are blocked, the upper end of the transformer is grounded and -Vy, is
provided at the I port. The mixer makes the product of the R.F. signal V, by the square-wave

V.. The frequency spectrum at the output results from the combination of the frequency at the
R port with the various harmonics of the square-wave.

The most important characteristics of double balanced mixers are :

- isolation between ports (rejection of direct feedthrough from R to I, L->R, L->I),
- wide frequency range (commercial units are available from D.C. to tens of GHz, with
up to 3 decades of bandwidth),

- low cost.
3.2 Basic Applications

3.2.1 Superheterodyne

The principle of the superheterodyne (Fig. 14) is to change the variable R.F. angular
frequency w; of an input signal into a fixed angular frequency ®, where signal processing takes

place. At the cost of generating a local oscillator at o, , much is gained in ease of construction
and in overall performance with respect to a system working directly at ;.

RF IF .
IF signal
RF, __ |Band-pass R Band-pass——>procfslsing
nput filter R filter
(tunable)

7

Fig. 14 Principle of Superheterodyne

Band-pass filtering at the Intermediate Frequency (LF.) selects two frequency bands at
the R.F. input. Angular frequencies close to W'y=w, +, as well as ®";=w,-w; both generate
an LF. signal at @, as illustrated in Fig. 15. A given system is designed to work for one of
these bands. The other one is called the "image", and measures must be taken to avoid it
perturbing the overall operation.

Band-pass filtering before mixing is a possible means to reject the image frequency.
Another convenient means is provided by the device shown in Fig. 16, which is called an
"Image rejection mixer". It provides the intermediate frequency signals corresponding to @'y
and ®"; on two distinct output ports. It employs a passive lossless element called a
"Quadrature Hybrid", which can be made in various ways but is also available from a number
of companies. The signal fed into any port is transmitted equally to two other ports, with the
phasing indicated in Fig. 16. The fourth port is isolated.
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pl'l—mL G)I'l+mL

%
é

?A Intermediate frequency
Ao  pass-band
»
/

R0

| | | ®

—(0; +0,) W0, (0, -0) W +O,

Fig. 15 Real and image frequency bands in a superheterodyne

Phasing diagram of Quadrature Hybrid R ®I
In i
UlA|B|C |D gy

- L Frequency
isol.| 0 |.90 Outputs
T ¢ L.O.

inpul Iﬂ-phase 0 deg Quad. -(—:-0 (mR+mL)

0_1-90 isoL o——{Power :
=90 | Q |Jisol. splitter —/0 deg Hybrid Do g8 (@-0))

B c [0deg
H1—— Quad. L

RE o Al Hybrid |[D /90 deg R®
I

input

olak |»
> |w

Fig. 16 Image rejection mixer

Its operation can be explained using trigonometric identities, or directly with the phase
information given in Fig. 12. In Table 5 the relative phase shift for transmission from the input
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port to the output ports 1 and 2 is analysed. Addition or cancellation is then deduced in

the various cases.

Table §
Operation of an Image rejection mixer
Input angular 1.F. 1F. phase | LF. phase Transmission | 1Tansmission
frequency channel on port 1 on port 2 to port 1 to port 2
W=y +0, Top 0g-0,-1/2 05-6, YES NO
W=, +0) Bottom 05-0,-1t/2 0;-0,-7 YES NO
" =0, -0, Top —0,+0,-7/2 | —6,+0, NO YES
"=, -0 Bottom | —6,+6,+m/2 | —6;+6, NO YES
3.2.2 Signal generation

Mixing is also employed for signal generation. But even when fed with perfectly pure
sine waves at @, and @, an ideal mixer always generates two side-bands at Wg+0) and p-0d
(Fig. 12). The unwanted band can be eliminated by filtering or using the "single side-band
mixer" represented in Fig. 17. Apart from quadrature hybrids another type of passive lossless
element called "Magic Tee" is used. The power entering one port is split in two equal halves,
with the phasing given in this Figure. The fourth port is isolated. Operation of the "single side-
band mixer" is detailed in Table 6, where the phase shifts through the system are analysed for
the two output frequencies. It can be demonstrated that only the upper side-band is available at
the output port 1, and only the lower side-band at the output port 2.

[0 deg RO
L.O. L Phasing diagram of Magic Tee
B C| input C|/-90 deg
Quad. I ©7 | Quad. [0 AlB|C|D
RF oAl Hybrid % r_ﬁ Hybrid |2, /0 deg A isol.| 0_[180
input — Q (mg‘:r(’a B %)}. g ld
‘ C isol.
-90 deg L ,C - g ;
I usg/\d’
D(L. (mn’mx.)
Fig. 17 Single side-band mixer
Table 6
Operation of the single side-band mixer
Output angular I.F. IF. phase TF. phase ransmission | Iransmission
frequency channel on port 1 on port 2 to port 1 to port 2
W+ Top 0,+0,-1/2 | 6,+6,-1/2 YES NO
g+ Bottom | 6,+6,-m/2 | 6,-6,+m/2 YES NO
WO, Top 0,0, +1/2 | 0,-0, +7/2 NO YES
-0y Bottom 0,-6,-m/2 | 6,-6 +1/2 NO YES
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3.3 Synthesizer examples

Mixing is often used to extend the maximum frequency of a given P.L.L. set-up, or
simply to generate the Local Oscillator needed in a Superheterodyne receiver. Figure 18
illustrates such an application. The output angular frequency ®,, is mixed down with a signal at
the intermediate angular frequency wy, and the difference w,-®y is divided by N before phase
comparison with @ in the phase detector. When phase lock is achieved, one has :

99%"& = O, =05 +No,. 17

Wy =
If wg is the R.F. angular frequency and N=1, the loop generates the Local Oscillator

frequency needed to heterodyne all R.F. signals to be processed to the constant intermediate
angular frequency .

Output
LOOP V.CO o (PP
FILTER 0)°=mm+Ncg
R ( Input
lelfcrince PHASE O
pu o0—> ‘N I
o, DETECTOR (@@ YN

2D

Frequency control
Fig. 18 Local Oscillator frequency synthesis

A combination of P.L.L. and D.D.S. techniques can also be made using the single side-
band mixer principle (Section 3.2.2). As represented in Fig. 19 it makes use of the D.D.S.
capability to provide simultaneously two outputs in phase quadrature. This results in an overall
synthesizer having a high frequency resolution provided by D.D.S., and a high frequency
range with small response time provided by the P.L.L. using a high reference frequency. The
offset frequency w/2n is not absolutely necessary, but it eases the requirements on the

quadrature hybrid and it helps provide an improved output signal by a simplification of the
filtering.

Output
PL'JHO.%{:)R v.C.O - | 0,=0_+0,+Nq
BANDPASS
| |_FILTER C B

Referencd - Quad.
Input @‘. * D| Hybrid | A_
Q : : 1 BANDPASS Input
ol HASE N . OW PASS PN FILTER o

DET. FILTER sinwg t cosmt

@ D.D.S.

2

High weight bits—Frequency Control word——Low weight bits

Fig. 19 High frequency / high resolution synthesizer
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4. FILTERS AND PHASE-SHIFTERS.

The following section is not a course on filter design. It is only meant to give the general
description of the various categories of filters. References for detailed design information are
provided.

4.1 Analogue filter design method (Overview)

A filter is a device that has a prescribed transfer function (S,,) in the frequency domain.
Any impedance matching network is in fact a filter.

In a purely passive two-port filter the input R.F. power into port 1 can be :

- reflected : Prets 5 2 (18)
PD'u-ect

- transmitted to port 2 : Pronsmiues _ IS,/ (19)
PDi:ect

- dissipated (thermally or radiated).

The designer's aim is generally to bring S, of the real filter as close as possible to the
prescribed specification. This usually means maximizing S ,! in the band(s) of interest and
minimizing it in the band(s) to be rejected. Filter design is basically a three-step process :

i)  after selection of the mathematical approximation to be used (Butterworth, Tchebyscheff,
Cauer, Bessel,...) the order of the transfer function and the numerical values of the
coefficients can be computed,

i)  after selection of a filter topology (active, passive, lumped or distributed elements,...)
component values must be worked out,

iii) components values have to be compared to available or constructable ones. When no
match is found, filter topology has to be modified, and step (ii) reiterated. When a
"moderate” mismatch remains, optimization can be attempted, modifying slightly some
components towards an improved feasibility.

Numerous textbooks are available, containing enough tabulated information to design all
kinds of filters (Refs.[10] to [12]). However practice relies more and more nowadays upon
software packages to handle all computational activities, especially optimization
(TOUCHSTONE-ESYN product from EESOF company for instance).

4.2 Digital filters

Digital technology brings the benefit of predictable and reliable performance over a long
time-span. Moreover it provides an easy control parameter in the form of the system clock,
which allows a real time efficient and simple programming of the filter response in an
accelerator, when beam frequency changes.

Analysis and description of the transfer function of digital filters is conveniently
achieved using the "z-Transform" (Refs.[13] to [14]). In this representation z'! corresponds to
a pure delay of one sample clock period

2 =e T (20)

where o is the signal angular frequency in rad/s, and T is the clock period.
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Two fundamental types of filters can be distinguished according to their response to
excitation by a Dirac impulse :

- the Finite Impulse Response (F.I.R.) or transversal filter,
- the Infinite Impulse Response (I.I.R.) or recursive filter.

No feedback connection exists in an F.LR. filter, whose structure is described in Fig.
20. The output is simply a linear combination of a finite number of previous input samples.
Consequently the impulse response is also of limited duration.

Y(z)

The transfer function is of the form : F(z) =
X(2)

=hy+hz" +h,z? +hz”+... 1)

Fig. 20 Structure of an F.I.R. filter

The major advantages of this structure are :

- unconditional stability (No poles in the transfer function),
- capability to provide a linear phase (constant group delay),
- ease of design.

An LLR. filter makes use of a linear combination of input and output samples to generate
the output signal (Fig. 21). Since loops are incorporated the stability issue deserves a detailed
analysis.

Y(z) a,+az’+a,z”+a,z 0 +...
X(z) 1+bz7+bz?+bsz +...

The transfer function is of the form : F(z) = (22)

LLR. filters are more efficient than F.LR. ones, with a lower number of coefﬁcien;s and
computing steps. However their phase is never linear with frequency (group delay is not
constant).

Fig. 21 Structure of an L.LR. filter
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With b, # 0 and no other coefficient, the filter has a very simple topology. This solution
has already been applied in multi-harmonic feedbacks for synchrotrons [15,16). Provided that
z'k corresponds to a one-turn delay, a comb-like response is obtained, with maxima at the
harmonics of the beam revolution frequency using a minimum amount of hardware (Fig. 22).

The transfer function is simply : F(z)= T (23)
Aty N NN N\ N NP O A NN N
10dB/div
A k=80
ANVANAWANWAWANWAWANWANA NS B
Phase JAVEVEVEVAVEVEVaVav
(deg) vV »
45 deg/div
Centre frequency : 10 MHz Frequency span : 5 MHz

Fig. 22 Frequency response of a comb-filter

4.3 Filter with frequency transposition

Using the Superheterodyne and single side-band mixing techniques, the frequency
response of a low frequency filter can be translated around any centre frequency @, /27. The
typical block diagram is represented in Fig. 23. The pass-band characteristic of such a tracking
filter results from filtering at a convenient and fixed intermediate frequency. This set-up is
used, for instance, in feedback systems damping coupled-bunch oscillations of the beam [17].
In this case the intermediate angular frequency is at 0 rad/s (D.C.), and the LF. filters are
simple high-pass RC networks.

i (X {Frma (X
RF input g Cos@rq)) /-90deg L L[/ Output
Vcostrt - c c [-90 deg V'cos(a t+¢) )

. In-phase | Quad. g|Quad. In-phase|
splitter Hybrid | D Hybrid | D splitter
A A
@‘ [0 deg L Q‘ L |/0deg
[0 deg R

@ ! IF Filter (SO

Splittet————o L.O. input
cost

- Delay 1,_ (@ =q) t}—!

Fig. 23 Filter with frequency transposition

When the local oscillator used for the first mixing is delayed by -¢, with respect to the
signal used for the second mixing, a phase shift +@, is obtained at the output. If the first local
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oscillator is delayed by T with respect to the second one, the overall filter will provide a phase
advance at its centre frequency which is proportional to ®,. This capability is often used to
stabilize feedback systems, maintaining a constant phase-shift through a complete installation
with a long delay while the beam energy (frequency) is changing.

4.4 Phase-shifters

A phase-shifter is a kind of filter providing control of the phase-shift through it, while
keeping a constant insertion loss in the band of interest. In amplitude it can be qualified as a
band-pass or even all-pass filter.

Two variants of a classical structure for an all-pass filter are shown in Fig. 24. Their

transfer function is given by : G(s) = k[i _: TS] (24)
Ts

with : 1=RC and k = 1 (Fig. 24 (a)) or 1/2 (Fig. 24 (b)). It corresponds to a constant

amplitude response and a phase lag which is two times the one of a simple RC low-pass

circuit : ¢ = —2arctanT. (25)

Output  Input

(b)

Fig. 24 All-pass filter phase-shifter

Another powerful scheme for phase-shifting is represented in Fig. 25. It can be
understood as an application of the single side-band mixer principle explained in Section 3.2.2
(see Fig. 17) with ®,_ = 0. This provides an input which directly and linearly controls the
phase-shift over a dynamic range which can be very large (many times 27 rad).

R 1
RF Meé .7 Vcoswg L| 2sing
\iil:%to_i Quad. [~ ¢ o |Look-u In-phase|____ Output
Hybri input | Table splitter Vsin(wg+9)
l ] /90 deg| 7 Vsinayt L| 2cosg
R I

Fig. 25 Wide dynamic range phase-shifter

Above 100 MHz, a circuit using a quadrature hybrid and varicap diodes as controllable
elements is sometimes used. Its principle is illustrated in Fig. 26. Its insertion loss is given
by :

S ==ip (26)
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_1-Z,Cjo

where p is the reflection coefficient of one varicap diode : p= 1+ Z,Cio 27
0
Consequently :
S,|=1
| 1-jZ,Cw ol
Sp,=-] Tzcal = T (28)
+JZ,Cw Arg(S,)= = 2arctan(Z,Cw)

so that the circuit also behaves like an all-pass filter.

-ipVg c J07TN . ﬁs‘

Output o———Qua(L —

A Setslp Jorev  -omy s
e_

Input O———
v -707piV

Fig. 26 Phase-shifter using quadrature hybrid and varicap diodes

4.5 Variable digital delay

The delay of transmission through a digital system equipped with an A.D.C. at the input
and a D.A.C. at the output is of the form :

Tp = T+0T 29

with T the pure delay due to analogue elements of limited bandwidth, T, the clock period and
n the number of clock periods for propagation from input to output (1/2 for the A.D.C,, 1/2
for the D.A.C,, plus the various registers).

1, is controllable with T, . But the range of delay 1, that can be covered is limited

because the bandwidth of the system is also linked to T, (bandwidth <f__,/4).

A better solution is obtained by the application of a technique connected to the one
described for the "Filter with frequency transposition” (Section 4.3). A delay Ty, is introduced
between the output and input clocks of a First-In First-Out (F.LF.O.) register (Fig. 26). When

the clock frequency is f., the number of cells in the F.LF.O. is initialized at n,, and
consequently the total delay through the system is :

Tpo =T+ %’- (30)
c0

When the clock frequency has changed to f,,, the number of clock periods in the delay 1Ty, has
changed by : An=(f, —f,)tw (31)

and consequently the number of cells in the F.LF.O. has changed by -An.
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n, = (f; —f0)Tw
f

cl

The overall delay in the system is then : T, =T+ (32)

which can also be expressed as :

T, =T+ (n, + f.0Tw) Taoee — Tw (33)

Zmlstam phlse—shift at any

Constant delay  input frequency in constant ~ Negative delay
ratio with f,_, (f =k.f )

Input FIFO N ' Output
V() o—>A.D.C. 3 Register ~SD.AC|—o Viet,)
Input Output

Clock Clock
Delay
1
System clock f cox d
o .

Fig. 27 Variable digital delay for automatic delay compensation

Compensation of an external delay 7T_ = T,-T is possible with such a device,
maintaining a constant phase-shift through a full installation when the beam energy (frequency)
changes. For example, if f,,_, is a harmonic of the revolution frequency in a synchrotron, the
automatic delay compensation device will guarantee a constant phase-shift simultaneously at all
revolution harmonics inside the system bandwidth [16].

5. MODULATION
5.1 Definition and vector representation

Modulation is needed to transmit information on an R.F. carrier. In fact modulation is
involved every time a signal departs from a pure sinusoidal function of time.

The time dependance of a carrier sine-wave at ¢, modulated in amplitude (a(t)) and
phase (p(t)) is expressed as :

x(t) = Re{K (1 +a())e e } (34)

For purely sinusoidal modulations :
X(t) = RC{X(I +acos O)AMt)ei(wcw@sinprn)} (35)

and for small amplitudes of modulation a convenient approximation is :
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x(t) = Re{X(1+ dcos@,yt)(1+ jpsinwpyt)e™ | -

which can be reorganized into :

~

x(t) = Re {)“([ejt»ct +2 (cj(“’C*‘DAM 4 giloc-oam )l) + EE(ej(mc ropM)t _ oi(ec -pr)l)]} (37)
2 2
A A

Carrier A .M. side-bands P.M. side-bands

Equation (37) suggests a graphics representation, where each term of the form eJ®t
corresponds to a vector. In a reference frame rotating at the carrier angular frequency o rad/s
the picture for amplitude modulation alone is given in Fig. 28 (a), together with its frequency
spectrum. Fig. 28 (b) illustrates the case of phase modulation.

3 1 -
| « @, !
)? | a [0 [0
@ ] #— o) — 4 afz"l" "
Amplitude Modulation (A.M.) g 0,0, O O+,
— 1 -
— - ’! -O)m
0 =—1e 1 [ N~ (] [0
(Chh b
Phase Modulation (P.M.)
00, O O+,

Fig. 28 Graphics representation of modulation

5.2 Transmission through a linear system

Transmission of modulation can be derived from the system transfer function H(jw). A
set of four modulation transfer functions have to be worked out :

i)  G,(w) for amplitude modulation to amplitude modulation
i)  G(jw) for phase to phase modulation

i) G, (jo) for amplitude to phase modulation

iv) G jw) for phase to amplitude modulation.

Gp(jw) = G, (jw) = 0 is an exception, which is observed for instance when H(jw) is a pure
delay.

For small amplitudes of modulation of the input signal x(t), Equation (37) can be used,
and the output signal y(t) is :
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‘r

H(joc )e " +

y(t)= X -Re{ +-§—[H( (@ + @ ,5,,))e’ @ L H(j(00 - @ AM))e"“’““"""”‘] > (38)

A

+—(§[H(j(wc + Wpy ))ej(mcmpml ~H(j(0¢ ~ 0py ))ej(mc —mPM)l] ]
which can be written :
1
y(t)= X -ReA H(j(oc )cj‘°°‘ +§[H(](O)c + (DAM)) eloAMt 4 H(_]((DC ~ Wam )) e—ijMx:I \
2 H(J(mc )) H(J(mc )) (39)
+.(£ H(j(@c + opy)) eFOPML _ H(j(0c - @py)) e—jmlejI
2| H(j(w)) H(j(e¢)) J
With the definitions :
. 1 _H(j(m+(oc)) H J(“"wc))-
S0 = 2 THGe T HG (40)
0923 "Hon) " B0 |
. ‘—Hjm+(o H(jlo-® ]
6.(joy = 3] li0+00)_Hla-oc) o
2| Hjo) H(-jo.)
we get:
1
+2{Gs(j0a )44 + Gy (jpeJe 4]
y(t)=X-Ret H(joc)e ™| ~i={Gelimu)e™  +Ge (o)™ ] |
- (42)
+.‘2P—[Gs(j‘°m Je™ P — Gy (joopy Je P |
—j%[GC(ijM )ciwpw - G; (jOJpM )e—jmth]
L -

-/
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1

+5[Re{Gs(jcoAM)ej‘°AM‘}]

y(t) = X - Red H(jo, Je™c* +(b[Im{GC( . )ejcopw}] \ 43)
—ja[Re[Ge (j o )e*A }]
|+i8[Im{Gs(jone e }] |
and consequently the modulations at the output are :
ay(t) =& Re{Gy (o) }+ §- Im{Ge jopm )™}
Py ()= ¢+ Im{Gy (100 )& ™'} ~ 8- Re{Gi (0 g )™} “4)
Owing to the definition of the input modulation, we can then write :
G,.(j0) = G,, (o) = Gs(j0o) = %[H(JISZ ;Sc)) . H(}{J((c:mcs))}
. ‘ (45)
G () = =G,y (j0) = Ge(j0) = %[H(J}({‘E’J(?‘;)) - Hg(("j o ))}

Application: transmission of modulation through a resonator (typical case of an R.F.
cavity)

The resonator impedance is given by :

20Rs

2(s)=————
(s) s? +20s + W

(46)

with R the resonator shunt resistance (), wg the resonance angular frequency (rad/s), ¢

(0' = %) the damping rate (s!), and Q the quality factor of the resonator.

When driven by a current generator with a carrier frequency ¢, the transfer functions
for modulation are then :

.~ _ ©’(1+tan’@,)+0s
G =GCp = s +20s + 62 (1+ tan’
9) @
G, =- otan Qs

* = 4+ 205+ 02(1+tan’ 9,)
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defining @ by: otang, =wy — . (48)

For a carrier centred at the resonance frequency, the system behaves like a first-order
low-pass filter for both types of modulation, with a 3 dB cut-off at ¢ rad/s. In such a case, no
coupling exists between modulations. The transfer functions are :

G
G =G_ =
" P s+o (49)
G, =-G, =0 -

5.3 Techniques of modulation and demodulation

5.3.1 Phase modulation

The various techniques applied for phase modulation have been described in the
preceding sections :

- frequency modulation of a source (V.C.O., D.D.S.),

- perturbation of a P.L.L. ( sect. 2.1.3),

- controlled all-pass filters ( sect. 4.4).

5.3.2 Amplitude modulation

Analogue (section 3.1) or digital multipliers (section 2.2.3) are the components of choice
for the control of amplitude at low power levels. At high frequencies ( > 100 MHz) variable
attenuators are sometimes employed. PIN diodes whose R.F. resistance is controlled by their
bias current are used as variable elements. Figure 29 shows a design using a quadrature
hybrid, similar to the circuit described for phase-shifting in section 4.4.

Its insertion loss is :

s - (z.//R)-Z, (50)
2 (Z://R)+Z,

S,, is always real : attenuation varies with R, but phase-shift stays constant,
S,, is minimum (large attenuation) when R>>Z,.,

S,, is maximum (low insertion loss) when R~0 Q (diodes in short-circuit).

Zc

LipV 07V
Output O____B Qu& C—% Zc
A|Hybrid|D -707pV - 7075V,
Input O——<— Pa—
v -707pjV

Fig. 29 Controlled attenuator
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5.3.3 Phase demodulation

The miscellaneous types of phase detectors have been detailed in section 2.1.2.

5.3.4 Amplitude demodulation

The simplest amplitude detector is the peak envelope detector, represented in Fig. 30.

Although very easy to implement, it is plagued by a limited linear dynamic range (~ 30 dB) due
to the minimum forward voltage drop in the diode (~0.3 V for a Schottky unit).

Input Output
V(142 cos®, L )cosmt o(1+a cosw,,p)

RCI

Fig. 30 Peak envelope detector

A wider dynamic range (~ 50 dB) is obtained with the synchronous detector shown in
Fig. 31. Full-wave rectification of the carrier signal is obtained by multiplication of the input
signal with a squared version of itself.

Input Output

V(l+a cosmth) COs®t @ f><\l @ Low-pass a (1+acosw,, t)

. p——-0
R Filter
am T
Limiting

Amplifier

Fig. 31 Synchronous amplitude detector (full-wave rectifier)

The widest dynamic range (~ 70 dB) requires quasi-logarithmic detection as
approximated by successive detection. Figure 32 shows a typical circuit (from Plessey
documentation) together with its performance.

STAGE STAGE
GAIN ) GAIN .
12 T T T
' ! t =
. /’,—n- P
-0
S 1 1 ) ' / STacE 1 sTaGE 2 sTace 3
a 1 A ! / ! 4 AF | ne
» 08 by | eyt ouTsUT
2 ] 1 [ 1 2 3
3 ' Amuip | LT
2 o° s STAGE
w TAGE 3 TAGE 2 A 1
o / /5 / X & &
> 04 / A /
/ q / VIOED OuTruUTS
o2 7 / 7 VIDEO OP
0 i 4 heradbed
imv 10myY 100mv wv

Fig. 32 Quasi-logarithmic detector (successive detection)
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5.3.5 Vector modulation/demodulation

Any modulated signal with a carrier angular frequency ax can be described by :

s(t)= a(t)sin(t + ¢(t)) (51)
but also by :
s(t) =1i(t)sinwct + g(t)cosmct (52)
In-phase component Quadrature component
III" "Q"

The I and Q components can be used as abscissa and ordinate in a rectangular
coordinates system, giving a display equivalent to Fig. 28. Any modulation has a characteristic
representation in the I-Q plane, and all information relative to the modulation is available.
Figure 33 shows the elementary case of C.W. (no modulation), pure A.M., and pure P.M..
Some general purpose commercial instruments begin to appear on the market (HP8980 from
Hewlett-Packard for example [18]) which provide a new insight into the modulation domain.

Fig. 33 1-Q displays for some elementary modulations

Digital technology is likely to help designers to obtain the full benefit of this technique,
providing easy to use components for processing the I-Q data. Plessey is, for instance,
commercializing a "Pythagoras Processor" (PPSP1633 [19]) which accepts digital I-Q data at
15 MHz, and gives amplitude and phase (digital words) at its output.

Practically, the I and Q channels are obtained using a vector demodulator, with the
methods reported in preceding sections. The demodulator described in Fig. 34 (a) is precisely
the left half of the "filter with frequency transposition” in Fig. 23.

R @_I_ Low-pass| _ Q channel
R.F. /0 deg ' Filter Output
Input LO. [90 geg L
Carri ® Input
(Carrier @0—5— In-phasd cosm?— Quad.
(a) Splltter ROA Hybnd D
Vector demodulator Q' /@eg .
[0 deg R

@_I_ Low-pass| __ I channel
Filter Output

Q channel R I
Input © G;\
L

L.O. [-90 deg
(b) Input oB) Quad c Inphase R.F.
Vector modulator cosql A Hybr{d D combinel—_____o Output

(Carrier @ ©,)

L /0 deg
I

I channel Q—- R
Input °©

Fig. 34 Vector modulator/demodulator
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A vector modulator, which generates the modulated carrier from the I-Q signals, is

shown in Fig. 34(b), and is exactly the circuit used in the right half of Fig. 23.

5.3.6 "A/X" demodulation

The physical parameter of interest is often related to the amplitude ratio A/Z of two R.F.

signals (direction of echo in mono-pulse radar, beam position in a P.U.). Figure 35 shows an
efficient means to derive this information, using only phase measurement hardware. The
vector corresponding to the A signal is added in phase quadrature to the ¥ signal to generate S.
The phase angle 8 between X and X is related to A/X by :

S A
0 = Arg| = [=arctan] = |- 53
g(}:) n(z) 3
- z
o Input
put 90 de -
| g In-phase In-phase 707%
phase-shiftf combiner splitter l ) S - -,
Output -X 6 A
PHASE SR
— - _» |DETECTOR| b3
S=.707%+j.707A |
Fig. 35 "A/Z" demodulator
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